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1
RADIO CHANNEL ESTIMATION

TECHNICAL FIELD

Some non-limiting embodiments of this invention relate
generally to wireless communication systems, methods,
devices and computer programs, and more specifically relate
to estimating a radio channel.

BACKGROUND

Channel estimation in wireless communication provides
important knowledge for various system functionalities, and
allows data reception in coherent modulation through equal-
ization. In low mobility systems such as the wireless local
area network (WLAN) IEEE 802.11 family, channel esti-
mates are conventionally obtained at the beginning of trans-
mission using a specific preamble sequence. At low velocities
channel variations are negligible, and so the preamble based
channel estimate can be used for the remainder of the trans-
mission time. But this sets boundaries to the maximum toler-
able packet size, which can limit the overall throughput of the
system.

In high mobility systems the validity of the channel esti-
mate degrades rapidly as time proceeds, which can be over-
come by transmitting reference data on frequent intervals and
updating the channel during the whole transmission as new
reference data becomes available. This technique has been
approved for WLAN 802.11ah (draft specification), which
terms this approach as a travelling pilot scheme. Until now the
pilot carriers in the 802.11 family of radio specifications have
used a constant location in frequency, so the travelling pilot
procedure is a significant change taken by then 802.11ah
group for WLAN systems. The travelling pilot scheme con-
cept may also be utilized in the future High Efficiency WLAN
(HEW) amendment following a recent amendment to IEEE
802.11ac.

Consider an orthogonal frequency division multiplexing
(OFDM) system. So long as some of the subcarriers do not
have reference data such as pilot tones, the missing OFDM
subcarriers must be interpolated in the frequency domain. Itis
often desirable that the frequency response obtained with this
interpolation is also smoothened using coarsely estimated
channel impulse response characteristics. Both, interpolation
and smoothing can be performed using a proper inverse Fast
Fourier Transform (IFFT) and Fast Fourier Transform (FFT)
processing.

FFT smoothing and corresponding IFFT/FFT interpola-
tion are used to reduce noise in the estimated channel fre-
quency response and possibly to interpolate missing subcar-
riers in the channel estimation. Such IFFT/FFT processing in
the context of UTRAN (LTE) and Worldwide Interoperability
for Microwave Access (WiMAX) systems at a paper by Fan-
ghua Weng, Changchuan Yin and Tao Luo entitled “Channel
estimation for the downlink of 3GPP-LTE systems,” Network
Infrastructure and Digital Content, 2010 2nd IEEE Interna-
tional Conference on, vol., no., pp. 1042-1046, 24-26 Sep.
2010; and also in another paper by Y. Shen and E. F. Martinez
entitled “WiMAX Channel Estimation: Algorithms and
Implementations™, Application Notes, AN3429, Freescale
Semiconductor Inc., July 2007, available at http://code.ues-
d.edu/~yushen/publications.html (last visited Sep. 14, 2013).

The basic idea of the above two papers is to estimate the
channel at those subcarrier indices where reference data is
available, and then after taking the IFFT over the estimated
subcarriers, the resulting impulse response is windowed
depending on the estimated characteristics of the channel
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2

impulse response. Then finally there is taken a full band FFT
of the windowed impulse response to increase the frequency
resolution, and thus interpolate the missing subcarriers.

FFT processing is a vital part of the modulation and de-
modulation techniques in OFDM systems. To reduce imple-
mentation complexity of channel estimation as above, com-
pared to other frequency domain filtering techniques, the
conventional FFT processor can be extended to support both
the modulation techniques and the channel estimation. See
for example Haene, S.; Burg, A., Luethi, P, Felber, N. and
Fichtner, W.; “FFT Processor for OFDM Channel Estima-
tion,” Circuits and Systems, 2007. ISCAS 2007. IEEE Inter-
national Symposium on, vol., no., pp. 1417-1420, 27-30 May
2007.

The approach described above assumes a suitable pilot
tone resolution in the frequency domain. Channel estimation
algorithms typically require receipt of a sufficient number of
symbols, which depends on how dense are the pilot tones in
the tone pattern, before the channel estimate can be calcu-
lated. Between these channel estimate intervals the most
recent channel estimate is used, because the IFFT/FFT pro-
cessing can be computationally too challenging to be per-
formed for every received symbol. Also, if the frequency
resolution of the pilots in one symbol is not enough, it is not
possible to achieve proper symbol-wise channel estimates.

A different channel estimation technique uses a time
domain interpolation, but this tends to introduce additional
delays which are not tolerable in many cases. The computa-
tional complexity of time-frequency interpolation also
increases considerably, especially with advanced interpola-
tion methods such as Wiener filter based methods that are
reviewed by Hoeher, P., Kaiser, S. and Robertson, P. in “Two-
dimensional pilot-symbol-aided channel estimation by
Wiener filtering,” Acoustics, Speech, and Signal Processing,
1997. ICASSP-97.,1997 IEEE International Conféerence on,
vol. 3, no., pp. 1845-1848 vol. 3, 21-24 Apr. 1997; and also by
Jinfeng Hou and Jian Liu in “A novel channel estimation
algorithm for 3GPP LTE downlink system using joint time-
frequency two-dimensional iterative Wiener filter,” Commu-
nication Technology (ICCT), 2010 12th IEEE International
Conference on, vol., no., pp. 289-292, 11-14 Nov. 2010. The
former of these two papers indicates that dividing two-dimen-
sional (time-frequency) filters into two separate one-dimen-
sional filters will only slightly decrease the performance.

The example implementations of these teachings that are
detailed below focus on the case without the above mentioned
time delay, and so at least those non-limiting embodiments
time domain interpolation is not an option.

SUMMARY

In a first example aspect of the invention there is a method
for controlling a radio device to update a channel estimate. In
this aspect the method comprises:

providing a current channel estimate Hy(k) based on pre-

viously received pilot tones; and

iteratively, for each instance of receiving a set of N, new

pilot tones within an n” time sample index:

generating an updated channel estimate H,, (k) by
replacing contributions to the current channel esti-
mate H,(k) that depend from the previously received
pilot tones with contributions that depend from the set
of N, new pilot tones; and

considering for the next iteration the updated channel
estimate H,, (k) as the current channel estimate
Hy(k) and the set of N, new pilot tones as the previ-
ously received pilot tones.
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In a second example aspect of the invention there is an
apparatus for estimating a channel, where the apparatus com-
prises a processing system. The processing system itself com-
prises at least one processor, and at least one memory includ-
ing computer program code. In this aspect the processing
system is configured (that is, the computer program code
when executed by the at least one processor) to cause the
apparatus to at least:

provide a current channel estimate H,(k) based on previ-

ously received pilot tones; and

iteratively, for each instance of receiving a set of N, new

pilot tones within an n” time sample index:

generate an updated channel estimate H,, (k) by replac-
ing contributions to the current channel estimate
H, (k) that depend from the previously received pilot
tones with contributions that depend from the set of
N,, new pilot tones; and

consider for the next iteration the updated channel esti-
mate H,, (k) as the current channel estimate H,(k)
and the set of N,, new pilot tones as the previously
received pilot tones.

In a third example aspect of the invention there is a com-
puter readable memory tangibly storing a set of computer
readable instructions that are executable by at least one pro-
cessor for controlling a host radio device to update a channel
estimate. In this aspect the computer readable instructions
comprise:

code for providing a current channel estimate H, (k) based

on previously received pilot tones; and

iterative code that, for each instance of receiving a setof N,,

new pilot tones within an n” time sample index:

generates an updated channel estimate H,, (k) by
replacing contributions to the current channel esti-
mate H,(k) that depend from the previously received
pilot tones with contributions that depend from the set
of N,, new pilot tones; and

considers for the next iteration the updated channel esti-
mate H,, (k) as the current channel estimate H,(k)
and the set of N,, new pilot tones as the previously
received pilot tones.

These and other aspects are detailed below with more
particularity.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a graph in which different vertical columns rep-
resent different OFDM subcarriers and different horizontal
rows represent different symbol durations, where each
shaded block is one pilot tone and different patterns of them
form different density groupings for use in channel estima-
tion according to some example embodiments of these teach-
ings.

FIG. 2 is a graph charting the performance of one example
of'the proposed channel estimation algorithm as compared to
three prior art channel estimation techniques, in the context of
WLAN 802.11ah scenario with the urban micro cell channel
model using 179 km/h mobility and 900 MHz carrier fre-
quency.

FIG. 3 is a plot of energy for a window function Ip(l,.k)!
with OFDM subcarrier 1,=50 comparing a rectangular win-
dowing function versus a smoother window function for
recursive channel estimates according to some embodiments
of these teachings.

FIGS. 4A and 4B illustrate two examples of cumulative
probability distributions of the channel estimation mean
square error (MSE) for an example of the new channel esti-
mating algorithm presented herein as compared to a conven-
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4

tional channel estimating approach (which uses N =4) with
Doppler spread D=50 Hz for FIG. 4A and D=150 Hz for FIG.
4B.

FIG. 5 is a logic flow diagram that illustrates the operation
of'a method, a result of execution of by apparatus, and execu-
tion of computer instructions comprising code embodied on a
computer readable memory, in accordance with some
embodiments of this invention.

FIG. 6 is a simplified block diagram of'a UE in communi-
cation with a network access node such as an AP, eNB or other
such base station, and illustrates example electronic devices
suitable for use in practicing some embodiments of this
invention.

DETAILED DESCRIPTION

The examples detailed herein are in the context of a user
equipment (UE) operating in a WLAN and using OFDM
modulation. These teachings may be utilized with other types
of radio access technologies, such as for example evolved
Universal Terrestrial Radio Access (E-UTRA) radio access
technology (including L'TE and LTE-Advanced), Universal
Terrestrial Radio Access (UTRA), including Wideband Code
Division Multiple Access (WCDMA) and High Speed Packet
Access (HSPA), Global System for Mobile Communications
(GSM), and the like. OFDM modulation is used in the below
examples for simplicity since it provides a clear methodology
regarding time and frequency transformations used in the
example algorithm described below. But the techniques
detailed herein depend only on the presence of pilot tones
(alternatively known as pilots, reference tones, and reference
signals), and so can be utilized with any other modulation
scheme.

Some example embodiments of these teachings provide a
novel channel estimation technique for improving channel
tracking capability, and can be particularly advantageous in
high mobility scenarios in wireless communication systems.
The approach detailed herein relies on a set of reference tones
which are transmitted at predefined frequencies and time
slots. The required densities, in frequency and time, of these
reference tones are dependent on the delay spread and the
maximum Doppler shift of the channel, respectively.

It is well known that relative velocity between transmitter
and receiver affects the Doppler shift in the received signal.
With higher relative velocity, the pilot tones should be trans-
mitted more frequently and consequently the channel esti-
mates should be updated more frequently. Some example
embodiments of these teachings utilize scattered pilot tone
patterns, for example the ones used in LTE and Digital Video
Broadcasting (Terrestrial) [DVB-T(2)] can be used for these
purposes, but of course the broader teachings herein are not
restricted to those specific known pattern designs and can be
used with other radio access technologies and/or other pat-
terns of pilot tones, now known or yet to be developed or
improved.

First consider some general principles for using pilot tones
for channel estimation. To allow for a constant presence of
reference tones and to avoid excessive system overhead, dedi-
cated pilot tones can be scattered in time and frequency as
shown in FIG. 1. As is typical in practical communication
systems, assume that the pilot tone resolution in one symbol
alone is not sufficiently large to create a useable channel
estimate. This means that only after a certain number of
received symbols is the pilot resolution high enough to build
up the channel estimate.

The frequency interval which indicates just how dense are
the pilot tones is termed a grouping index N,. For example,
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grouping index N,=4 provides that there is one pilot tone
available in every 4” OFDM subcarrier. FIG. 1 illustrates
examples of three different grouping indices, where each
vertical row in FIG. 1 represents one OFDM subcarrier and
each horizontal row represents one symbol duration in time,
and so the OFDM symbols would be indexed along the hori-
zontal (time) axis). Each shaded block in FIG. 1 is apilottone,
and assume that the tones in FIG. 1 repeat again exactly as
illustrated after the eight symbol periods shown (and after the
illustrated OFDM subcarriers also). For a density of N =4
shown as group 104 there is exactly one pilot tone across four
OFDM subcarriers and two symbol durations; in the next
block (not shown) of 4 OFDM subcarriers there will again be
exactly one pilot tone across two symbol durations. For a
density of N,=2 shown as group 102 there is exactly one pilot
tone across two OFDM subcarriers and this remains true for
no more than four symbol durations; and for N,=1 shown as
group 101 there is exactly one pilot tone across one OFDM
subcarrier and this remains true for no more than eight symbol
durations.

Ifno delay is allowed in the channel estimation process, the
pilots cannot be interpolated in time. The conventional prac-
tice is to use the currently available channel estimate until
enough symbols have been collected to obtain a new estimate.
But this imposes a problem in that, depending on the channel
update cycle and the user’s mobility, the validity of the chan-
nel estimate might drop dramatically between the update
intervals. Moreover, the accuracy of the new estimate suffers
from the fact that part of the pilot data that is used in the
current channel estimate is no longer up to date. Some
embodiments of these teachings overcome, for example, this
prior art problem since in the specific example techniques
detailed below the channel estimates are updated after each
received symbol, using only real-time pilot data (tones).

It is well known that with a relatively low signal to noise
power ratio (SNR), noise becomes the dominating source of
error in channel estimation. With low SNR, any improvement
in channel tracking capability offers a much lesser improve-
mentto the system performance as compared to a higher SNR
scenario, and so the teachings below are well suited to high
SNR scenarios, and this advantage can be additionally
enhanced in that these channel estimation techniques are fully
for use with high throughput modulation and coding schemes
while the user is undergoing high mobility. In addition to the
SNR considerations above, the example techniques detailed
herein are particularly advantageous for fast moving radios
where the resulting Doppler effect is non-negligible.

Some example embodiments of this invention improve, for
example, the channel estimation accuracy in fast fading chan-
nels, which enables increased system throughput also in high
mobility scenarios. Whenever new reference data is available,
the receiver updates its channel frequency response estimate
only around the pilot tone frequencies, in order to reduce
computational complexity. The amount/number of pilot tones
updated depends on the time domain windowing function
design and its truncation width in the frequency domain. To
mitigate the negative effects of not updating the whole fre-
quency spectrum, a proper time domain windowing function
is used to concentrate the frequency domain energy around
the desired pilot tones. Unlike prior art approaches, the tech-
niques detailed herein enable instant channel estimate
updates as soon as new pilot tones become available.

Additionally, these certain example embodiments of these
techniques also avoid using old pilot tone measurements (i.e.
old pilot data) in the channel estimate update. This is achieved
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6

in those embodiments with scalable computational complex-
ity that can be adjusted by the windowing function that is put
into use.

FIG. 2 is a graph charting the performance of one example
of'the proposed algorithm in a WL AN 802.11ah scenario with
the urban micro cell channel model using 179 km/h mobility
and 900 MHz carrier frequency (meaning the Doppler spread
is approximately 150 Hz). The SNR is 30 dB, the used band-
width is 8 MHz, and there are 8 pilot tones transmitted in each
symbol (symbol duration=40 us). The computational com-
plexity of the proposed method is adjusted approximately at
the same level with the N,=4 approach.

The sawtooth patterns 201 for N, =1, 202 for N,=2, and 204
for N =4 in each of the three conventional channel estimation
techniques shown at FIG. 2 show the problems that arise
when the pilot tone data cannot be processed into a channel
estimate in real time. While new symbols are being collected
to obtain a new estimate, the receiver continues to use the old
estimate but that estimate becomes progressively less accu-
rate due to the pilot data underlying that estimate becoming
less relevant to the instantaneous channel the receiver is expe-
riencing. This increasing degradation over time is reflected in
FIG. 2 as the rising left-to-right slope on each sawtooth dur-
ing which the new symbols are being collected, shown by
example as 201A for N,=1. The new estimate being put into
use is evidenced by the near vertical drop in the mean square
error (MSE) on the right side of each sawtooth peak for each
of those three conventional channel estimation techniques,
shown by example as 201B for N,=1. The best conventional
results are obtained where the pilot tones in a pattern are
spread over a larger frequency range (higher N, ), but FIG. 2
shows quantitatively that the example algorithm following
the channel estimation techniques detailed in this paper,
shown as plotline 206, exceed performance even of the con-
ventional approach when N_=4 is the pilot tone density.
Moreover, the example algorithm provides a much smoother
level of accuracy over time.

Now consider a more specific example. Assume that N,
pilot subcarriers are uniformly distributed in the frequency
axis (the horizontal axis in FIG. 1). This restricts the maxi-
mum length of the channel estimate impulse response to N,
samples. If this condition is not fulfilled, the estimated chan-
nel response is not able to reach the same frequency resolu-
tion with the true channel. Using the IFFT/FFT processing,
the smoothed and interpolated channel estimate in the fre-
quency domain at subcarrier k can be given as equation (1)
below.

N-1

Hk)= Z w(n)[NL Z C(l)eﬂﬂ—,{—/n}eszﬂ,!\‘?n

»
=0 =0p

®

N-1 g
=22 Niw(n)cu)eﬂ”"ﬁk"

- P
7=0 (€0

1 N-1

ok

= E _§ J2mn

C(Z)Np 4 w(n)e
0y i

In equation (1): N is the FFT-size (the size of the windowing
function); w(n) is an arbitrary unit energy time domain win-
dow function with time sample index n and the exponential is
a part of the Fourier transform of it in that window function;
€2, is a set of available pilot subcarrier indices; and C(1) is the
channel frequency tap estimate at subcarrier 1 where 1 repre-
sents all of the OFDM subcarriers for which there is a channel
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estimate C(1) and k belongs to the frequency bin vector
[0,1,...N-1] and 1 and k may be equal. The sample index n
belongs to a time index vector [0, 1, . .. N-1] for the discrete
Fourier transform (DFT) of the channel estimate C(1), and so
n corresponds to a time index inside one inverse DFT (IDFT)
of a certain set of channel estimates. When the frequency
domain presentation of the pilot tones is transformed to the
time domain, the time sample index n represents possible
values [0, 1, . . . N=1]. The window function w(n) in this
example is restricted in the time domain so that no subcarrier
has more than one pilot per window.

The weighted sum inside the brackets in the first line of
equation (1) is the IFFT over the estimated subcarriers, and
the outer sum is the N-point FFT which forces the channel
estimate to spread over the whole band. The window function
w(n) can be chosen based on the characteristics of the channel
impulse response.

In the simplest case the window can be rectangular mean-
ing that the estimated channel impulse is cut at a certain
length. Estimating the channel frequency taps in the pilot
subcarriers 1€, is well known in the art (for example, one
valid technique is to take the traditional least squares esti-
mate) and is not further detailed herein.

In conventional channel estimation, if there is no delay
tolerated, equation (1) can be used always after enough sym-
bols have been received to achieve the desired grouping
index. But in some example embodiments of these teachings
the current channel estimate is recursively updated always
when new reference data (a new pilot tone in different sub-
carriers within the window) becomes available. To initiate
this recursive approach we begin with an initial channel esti-
mate, and there are several ways to define such an initial
estimate. One option is to use a specific preamble which is
made available to the receiver, which exploits it to build up an
initial estimate. Another option is to use a zero valued initial
estimate, which naturally leads to an initial delay depending
on the pilot pattern in use, in obtaining the full channel esti-
mate which the recursive process begins to update. Some
conventional channel estimation techniques use such a zero
valued estimate as their starting point.

However the receiver achieves it, the initial channel esti-
mate is represented as Hy(k). Since the process of updating
the channel estimate is recursive, any currently available
channel estimate which is to be recursively updated (again)
can also be mathematically represented as the same Hy(k).
The channel estimate based on a set of new available refer-
ence data is then represented by equation (2):

N-1 e (2)
i Ni Z Wl

Hyevorer (k) =
P n=0

eqp

The current estimate Hy(k) is to be updated based on the
new estimate H,,,,,,. (k). The new estimate alone is generally
not sufficient to provide adequate channel estimation since its
pilot resolution is too low; as noted above this is done each
time a new pilot tone becomes available rather than updating
after accumulating them. Updating the current estimate H (k)
with the new estimate , (k) is mathematically simplified
in equation (3) below by removing all the sum terms from the
current estimate H,(k) which are dependent on the updated
pilot tones, and replacing these with terms based on the new
pilot estimates:
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0, =
= Holk D= o)L S wme i
= Ho(k) + (C()—Ho())N—pZW(ﬂ)e
0, =
= Ho(k) + Z (C(D - Ho(DW(L, k)
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where

= vy
(k) = N—Z wmel N
P n=0

With this form of presentation, it is also noted that with the
proposed method, during the iterative update phase the
requirement for uniformly spaced pilots can be relaxed. This
follows from the last line of equation (3), which states that the
new channel estimate at subcarrier index k is Hy(k) summed
with a combination of correction terms (C(1)-H, (1)) indepen-
dently weighted by W(1,k) depending mainly on the distance
between 1 and k. This implies that there is more freedom for
the pilot design or, e.g., very unreliable channel estimates can
be left out from the channel estimate update process.

The function W(l,k) is constant over time, so its values can
be calculated and tabulated in advance to simplify the receiv-
er’s processing burden. The function W(L.k) is simply the
discrete Fourier transform (DFT) of w(n) centered on subcar-
rier 1 and weighted by a factor 1/N,,. Therefore, for each
subcarrier index k, the receiver will be required to perform
2N,+1 additions and N,, multiplications. The algorithm of
equation (3) can be modified by introducing a specific forget-
ting factor for adjusting the impact of new pilot informationto
the current channel estimate. This forgetting factor is the
means by which the algorithm’s performance can be opti-
mized so as to mitigate effects of updating an acceptable/
current channel estimate with unreliable pilot data.

For the case in which the window function is rectangular,
then IW(1.k)! is a sinc-function centered around the subcarrier
1 on which there is new information, and a considerable por-
tion of the energy is located around the main slope, shown in
FIG. 3 as centered on the subcarrier with index k=50. With a
proper windowing function it is possible to further suppress
the energy of the side slopes, as can be seen visually at FIG.
3 which compares energy (vertical axis) when a rectangular
window function is used resulting is side energy lobes 308
against that for a smoothed window function that results in
suppressed side energy lobes 310. FIG. 3 shows example
responses for the case that 1=50. As the energy becomes more
concentrated about a given OFDM subcarrier carrying a pilot
tone, there is only a small block of the subcarriers around each
pilot position has to be updated, since as FIG. 3 shows via the
smoothed window plot that there is little or no energy far
away from the main slope.

The smoothed window function can create a sinc-like W(l,
k) with the main slope covering N,,, samples (due to slope
symmetry N, is odd). The updated channel estimate around
each updated carrier 1€Q,, is shown in equation (4), which
updates only N,, subcarriers inside the main slope.
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Hipa k) = Ho(k) + )" (C() = Ho(D)¥(L, k), @

0y,
where
Yl k=0
for
k £my,
and

Nm_1+1
5 5

for each

m=1-

leQ,

With processing according to the equation (4) approach,
the required number of computational operations per channel
estimate update is now N (2N, +1) additions and N, *N,
multiplications, including the whole spectrum. Since the
computational burden can be scaled by adjusting the window-
ing function, it can be set to be less, equal or more than the
complexity with the prior art/conventional approach that uses
grouping for its FFT smoothing. But note that reducing the
size of the updated subcarrier block too much might result in
instability issues.

Different window functions can be selected for different
specific deployments. Selecting a window size involves a
trade-off between the computational complexity, robustness
and noise tolerance. The wider is the window in the time
domain, the less is the computational complexity but the
noise will not be smoothed as aggressively, which decreases
the channel estimation accuracy in low SNR scenarios. Also,
depending on the channel characteristics, the channel track-
ing capability might suffer since the updated part of the spec-
trum becomes smaller and the time to update the whole spec-
trum increases. Nevertheless, based on their own simulations
the inventors have found that more than half of the required
computational operations can be neglected by only slightly
rounding the rectangular window function and updating only
part of the channel estimates.

FIGS. 4A and 4B compare cumulative channel estimation
MSE distributions of the example new channel estimation
algorithm detailed above and the conventional approach with
N_=4 (respectively labeled in FIGS. 4A-B as “Prop.” shown
as plotline 404P and “Cony.” shown as plotline 404C). The
channel is modeled as a typical sub-urban micro cell with root
mean square (rms) delay of approximately 200 ns and a
maximum excess delay of 1 ps. The results are given for two
different Doppler spread values, D=50 Hz (FIG. 4A) and
D=150 Hz (FIG. 4B), which correspond to user velocities of
11 and 32 km/h at the used 5 GHz carrier frequency (e.g. with
900 MHz carrier frequency the corresponding velocities
would be 60 and 179 km/h). The window size used in the
example new channel estimation algorithm plotted at FIGS.
4A-B is chosen so that the computational complexity is
approximately the same as the conventional approach to
which it is being compared in those figures. The plotlines at
FIG. 4A are as follows: 404P-20, 404P-30 and 404P-40
reflect results of the new channel estimation algorithm
detailed above with SNRs of 20 dB, 30 dB and 40 dB respec-
tively; 404C-20, 404C-30 and 404C-40 reflect results of a
conventional channel estimation algorithm with SNRs of 20
dB,30dB and 40 dB respectively. The plotlines at FIG. 4B are
similar: 404P'-20, 404P'-30 and 404P'-40 reflect results of the
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new channel estimation algorithm detailed above with SNRs
0120 dB, 30 dB and 40 dB respectively; 404C'-20, 404C'-30
and 404C'-40 reflect results of a conventional channel esti-
mation algorithm with SNRs of 20 dB, 30 dB and 40 dB
respectively.

In some embodiments of the invention, the new channel
estimation algorithm achieves better channel estimation
accuracy in higher mobility scenarios with high SNR values.
This can be especially seen at FIG. 4B in the D=150 Hz
scenario, in which the channel estimation accuracy of the
conventional method 404C'-20, 404C'-30 and 404C'-40 is not
affected by the SNR increment. This is because its perfor-
mance is already limited by the channel mobility. As the SNR
decreases, the performance of the new channel estimation
algorithm drops considerably faster than the performance of
the conventional method. This is because of the fixed win-
dowing design; the windowing selection was ‘fixed’ in that it
was chosen to match the computational complexity of the
conventional channel estimation in order to illustrate a more
meaningful comparison at FIGS. 4A-B. This externally-
driven windowing design necessarily allows less smoothing
for the new channel estimation algorithm. In a practical
deployment not restricted to match complexity with other
techniques for comparison purposes, the window size would
be adaptively modified according to SNR changes, which
would readily control the magnitude of the performance drop.

Some embodiments of these teachings provide, for
example, the technical effect of enabling fast channel track-
ing in high mobility scenarios, which allows a higher system
throughput particularly in high SNR environments. These
teachings may also offer a tradeoff between OFDM symbol
duration, the expected maximum Doppler and the pilot tone
overhead so as to optimize a given algorithm deployment for
a specific scenario. Additionally, in some embodiments, the
computational complexity of the new algorithm can be
adjusted via selecting the described windowing function, and,
in some embodiments, in fact can be made to be less complex
than prior art channel estimation algorithms. At least in an
OFDM deployment the algorithms presented herein may
function best with pilot tones in OFDM symbols more fre-
quently in the time domain than other conventional algo-
rithms that utilize time domain interpolation but FIG. 2 shows
substantial performance improvements.

FIG. 5 presents a summary of the above teachings for
controlling a radio device to update a channel estimate. The
radio device may for example be a receiver disposed in a user
equipment. FIG. 5 begins at block 502 where there is pro-
vided a current channel estimate H,(k) based on previously
received pilot tones. To initialize the algorithm this current
channel estimate can be the initial channel estimate, which as
detailed above could be built up by the receiver from a known/
specific preamble or it could be built over time from a zero
valued initial estimate. While the algorithm is running this
current channel estimate is the value of H(k) that was most
recently output from the algorithm [e.g., the output of equa-
tions (3) or (4)] before the new set of pilot tones were received
and processed into the new update.

Block 504 begins the recursive process: iteratively, for
each instance of receiving a set of N,, new pilot tones within an
n” time sample index, there is generated an updated channel
estimate H,, (k) by replacing contributions to the current
channel estimate Hy(k) that depend from the previously
received pilot tones with contributions that depend from the
set of N,, new pilot tones. Now with the updated channel
estimate H,,, (k) computed we simply need to re-name enti-
ties to re-enter block 504 for the next iteration, and so for the
next iteration the updated channel estimate H,,,, (k) is consid-
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ered as the current channel estimate Hy,(k), and the set of N,
new pilot tones is considered as the previously received pilot
tones. Further details shown at FIG. 5 represent some of the
embodiments that were detailed above by examples which do
not limit the broader teachings herein.

In some embodiments according to the above description
there was described the windowing function w(n). The win-
dowing function is used to define a frequency span within
which are disposed each of the sets of N, new pilot tones that
are received at block 504. In a particular embodiment detailed
above each set of N, pilot tones are uniformly distributed
across that frequency span, but this is not necessary in every
implementation as noted above in case certain unreliable
estimates are to be excluded from the update process. In that
particular but non-limiting OFDM-type example using uni-
formly distributed pilot tones, the windowing function
defined an OFDM symbol size N within which each set of the
N,, pilot tones are obtained. In this case the updated channel
estimate H,,,(k) generated at block 504 uses a size NFFT on
the windowing function which in the detailed explanation
above is expresses as

=

-1 e
win)e! " V",

3
I
=3

where 1 is an index of subcarrier or frequency band of the
frequency span in which lie the set of N, new pilot tones of the
n” time sample index; and k is a subcarrier or frequency band
for which the channel estimate applies. While the above
examples assumed an OFDM system so that the pilot tones
lay in distinct OFDM subcarriers, in other non-OFDM sys-
tems we can consider the frequency in which each distinct
pilot tone lay as a frequency band.

Block 504 describes replacing contributions to the current
channel estimate H,(k); this is how the channel estimate is
updated instantaneously with the new pilot data while remov-
ing influence of the old pilot data. Equation (3) shows this
replacement directly. Specifically and as shown particularly
at block 506, the contributions to the current channel estimate
H, (k) that depend from the previously received pilot tones are

E HoD- S wime '

o(D)— wn)e’™ N 75
an:O

ler

and the contributions that depend from the set of N, new pilot
tones are

1 N-1

e
b N_pZ wmelT N,
0y i

where Q,, is a set of available subcarrier or frequency band
indices having a pilot tone; C(1) is an estimate of a channel
frequency tap at subcarrier or frequency band 1; and the other
terms are explained above for the windowing function.
There are advantages described above for using a
smoothed window function, and Equation (4) is one way to
implement this by updating only N,, subcarriers/frequency
bands inside the main slope in each of the iterations. In this
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case the updated channel estimate H,,, (k) from block 504 is
generated using the equation shown at block 508:

Hypa(k) = Hok) + Z (C() = Ho (DY, k).
eqp

1 e
where: W(I, k) = —Z wme® N " =0 for k £ my, and
Np n=0

Nn-1
2

Nn-1

m=1- +1,... , I+

for each € Q,

The logic diagram of FIG. 5 may be considered to illustrate
the operation of a method, and a result of execution of a
computer program stored in a computer readable memory,
and a specific manner in which components of an electronic
radio device are configured to cause that electronic device to
operate. For example, such an electronic radio device may be
a receiver of a user equipment, whether hand mobile or fix-
edly attached to a vehicle such as a car or a train; or it may be
one or more components of a user equipment/radio such as a
modem, chipset, or the like. Any of these may be referred to
as an apparatus for updating a channel estimate, where for
example the apparatus can be the radio device/user equipment
or one or more components thereof such as the above
examples of amodem and/or a chipset, or a processing system
comprising at least one processor and a memory storing com-
puter program code. The various blocks shown in FIG. 5 may
also be considered as a plurality of coupled logic circuit
elements constructed to carry out the associated function(s),
or specific result of strings of computer program code or
instructions stored in a memory.

Such blocks and the functions they represent are non-
limiting examples, and may be practiced in various compo-
nents such as integrated circuit chips and modules, and the
example embodiments of this invention may be realized in an
apparatus that is embodied as an integrated circuit. The inte-
grated circuit, or circuits, may comprise circuitry (as well as
possibly firmware) for embodying at least one or more of a
data processor or data processors, a digital signal processor or
processors, baseband circuitry and radio frequency circuitry
that are configurable so as to operate in accordance with the
example embodiments of this invention.

Such circuit/circuitry embodiments include any of the fol-
lowing: (a) hardware-only circuit implementations (such as
implementations in only analog and/or digital circuitry) and
(b) combinations of circuits and software (and/or firmware),
such as: (i) a combination of processor(s) or (ii) portions of
processor(s)/software (including digital signal processor(s)),
software, and memory(ies) that work together to cause an
apparatus, such as a user equipment/radio device, to perform
the various functions summarized at FIG. 5 and (c) circuits,
such as a microprocessor(s) or a portion of a microproces-
sor(s), that require software or firmware for operation, even if
the software or firmware is not physically present. This defi-
nition of ‘circuitry’ applies to all uses of this term in this
specification, including in any claims. As a further example,
as used in this specification, the term “circuitry” would also
cover an implementation of merely a processor (or multiple
processors) or portion of a processor and its (or their) accom-
panying software and/or firmware. The term “circuitry” also
covers, for example, a baseband integrated circuit or an appli-
cation specific integrated circuit (ASIC) or a similar inte-
grated circuit which may be in the mobile user equipment/
radio device or even in a network node which operates
according to these teachings.
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Reference is now made to FIG. 6 for illustrating a simpli-
fied block diagram of various electronic devices and appara-
tus that are suitable for use in practicing the some embodi-
ments of this invention. In FIG. 6 a radio network access node
22 is adapted for communication over a wireless link 21 with
an apparatus, such as a mobile terminal or UE 20. The access
node 22 may be any access node such as an eNB or a NodeB
(including frequency selective repeaters and remote radio
heads) of any wireless network, such as E-UTRAN/LTE/
LTE-Advanced, UTRAN, HSDPA, WCDMA, GSM,
GERAN, or an access point AP in a WLAN/WiMAX net-
work, or other such base stations/access nodes.

There may also be in some network deployments a network
control element or other higher network entity such as aradio
network controller RNC in the case of a UTRAN and
WCDMA/HSDPA network, or a mobility management entity
MME for the case of LTE/LTE-Advanced networks in which
case the MME may also serve as the serving gateway S-GW
as shown at FIG. 6. This higher network entity 26 generally
provides connectivity with the core cellular network and with
further networks (e.g., a publicly switched telephone network
PSTN and/or a data communications network/Internet).
Where the network access node is an AP of a WLAN, this AP
may have a direct connection to the data network or it may be
through a cellular network and pass through an eNB/base
station first.

The UE 20 includes processing means such as at least one
data processor (DP) 20A, storing means such as at least one
computer-readable memory (MEM) 20B storing at least one
computer program (PROG) 20C, and communication means
such as a transmitter TX 20D and a receiver RX 20E for
bidirectional wireless communications with the access node
22 using the operative radio access technology. All of the
relevant wireless communications are facilitated via one or
more antennas 20F. Also stored in the MEM 20B at reference
number 20G are the computer code or algorithms for the UE
to operate according to some example embodiments above to
update a current channel estimate when new pilot data is
received/available by replacing contributions to the current
channel estimate due to old pilot data with contributions from
the new pilot data, according the teachings detailed above by
non-limiting example.

The access node 22 also includes processing means such as
atleast one data processor (DP) 22 A, storing means such as at
least one computer-readable memory (MEM) 22B storing at
least one computer program (PROG) 22C, and communica-
tion means such as a transmitter TX 22D and a receiver RX
22E for bidirectional wireless communications with the UE
20 on the link. All the wireless communications are via one or
more antennas 22F, which for an eNB are typically imple-
mented as an antenna array. The access node 22 stores at
block 22B its own computer software code or algorithms to
cause the network side to operate as detailed above by prop-
erly disposing the pilot tones across the subcarriers in a pat-
tern that it informs to the UE 20 so the UE 20 knows where t6p
look for the pilot data it will use to update its channel estimate.
In other deployments the access node 22 may also have the
computer program in its local memory to implement the
channel updating procedure itself.

Also at FIG. 6 is shown a higher network entity 26 above
the radio access node 22. In UTRAN (for example, HSDPA
and WCDMA) this higher network entity 26 may be a radio
network controller RNC, whereas in LTE/LTE-Advanced this
entity 26 may be a MME and/or a S-GW as noted above. In
WLAN/WIMAX there may or may not be a higher network
entity. However implemented, if there is such a higher net-
work entity 26 it will include processing means such as at
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least one data processor (DP) 26A, storing means such as at
least one computer-readable memory (MEM) 26B storing at
least one computer program (PROG) 26C, and communica-
tion means such as a modem 26F for bidirectional communi-
cations with the access nodes 22 and with other access nodes
under its control or coordination over the data and control link
27.

While not particularly illustrated for the UE 20 or the
access node 22, those devices are also assumed to include as
part of their wireless communicating means a modem and/or
a chipset and/or an antenna chip which may or may not be
inbuilt onto a radiofrequency (RF) front end module within
those devices 20, 22 and which also operates according to the
teachings set forth above.

At least one of the PROGs 20C of the UE 20 is assumed to
include a set of program instructions that, when executed by
the associated DP 20A, enable the device to operate in accor-
dance with the some embodiments of this invention, as
detailed above. The access node 22 may also have software
stored in its respective MEM 22B to implement certain
aspects of these teachings, as detailed above. In these regards
the some embodiments of this invention may be implemented
at least in part by computer software stored on the MEM 20B,
22B, which is executable by the DP 22A of the access node
22, and/or by the DP 20A of the UE 20; or by hardware, or by
a combination of tangibly stored software and hardware (and
tangibly stored firmware) in any one or more of these devices
20, 22. In this manner the respective DP with the MEM and
stored PROG may be considered a data processing system.
Electronic devices implementing these aspects of the inven-
tion need not be the entire devices as depicted at FIG. 6 or may
be one or more components of same such as the above
described tangibly stored software, hardware, firmware and
DP, a system on a chip SOC, an application specific integrated
circuit ASIC, a digital signal processor DSP, a modem, an
antenna module, or a RF front end module as noted above.

In general, some of the various embodiments of the UE 20
can include, but are not limited to personal portable digital
assistance devices, hand-mobile radios, radios mounted in a
vehicle such as a car or train, and wearable or implanted
radios any of which have wireless communication capabili-
ties, including but not limited to cellular and other mobile
phones (including smart phones), navigation devices, laptop/
palmtop/tablet computers, digital cameras and music devices,
Internet appliances, USB dongles and data cards, machine-
to-machine communication devices, and the like.

Various non-limiting embodiments of the computer read-
able MEMs 20B, 22B, 26B include any data storage technol-
ogy type which is suitable to the local technical environment,
including but not limited to semiconductor based memory
devices, magnetic memory devices and systems, optical
memory devices and systems, fixed memory, removable
memory, disc memory, flash memory, DRAM, SRAM,
EEPROM and the like. Various non-limiting embodiments of
the DPs 20A, 22 A, 26 A include but are not limited to general
purpose computers, special purpose computers, microproces-
sors, digital signal processors (DSPs) and multi-core proces-
SOIS.

Various modifications and adaptations to the foregoing
example embodiments of this invention may become appar-
ent to those skilled in the relevant arts in view ofthe foregoing
description. While some non-limiting embodiments have
been described above in the context of the WLAN and OFDM
systems, as noted above the example embodiments of this
invention are not limited for use with only these particular
types of wireless radio access technology networks and signal
modulations.
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Further, some of the various features of the above non-
limiting embodiments may be used to advantage without the
corresponding use of other described features. The foregoing
description should therefore be considered as merely illustra-
tive of the principles, teachings and some embodiments of
this invention, and not in limitation thereof.

What is claimed is:

1. A method for controlling a radio device to update a
channel estimate, the method comprising:

providing a current channel estimate H (k) based on pre-
viously received pilot tones; and

iteratively, for each instance of receiving a set of N, new
pilot tones within an n” time sample index, where N and
n are integer values:

generating an updated channel estimate H,, (k) by replac-
ing contributions to the current channel estimate H_(k)
that depend from the previously received pilot tones
with contributions that depend from the set of N, new
pilot tones; and

considering for the next iteration the updated channel esti-
mate H,,, (k) as the current channel estimate H,(k) and
the set of N, new pilot tones as the previously received
pilot tones.

2. The method according to claim 1, wherein a windowing
function w(n) is used to define a frequency span in which each
of received sets of N, new pilot tones are disposed.

3. The method according to claim 1, wherein the set of N,
new pilot tones within each n” time sample index are uni-
formly distributed in frequency.

4. The method according to claim 2, wherein the window-

ing function is defined for a symbol size N within which each
set of the N, new pilot tones are obtained.

5. The method according to claim 2, wherein the updated
channel estimate H,,,,, (k) is obtained by performing on the
windowing function a size N Fast Fourier transform

FFT such that

=

-1
e
el T,

3
I
=3

where

1 is an index of subcarrier or frequency band of the fre-
quency span within which is received the set of N, new
pilot tones of the n” time sample index; and

k is a subcarrier or frequency band for which the updated
channel estimate applies.

6. The method according to claim 5, wherein:

the contributions to the current channel estimate H_(k) that
depend from the previously received pilot tones are

1 N-1

o lk
Jagn,
E Ho(l)Np 2 wime’™ N
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and

the contributions that depend from the set of N, new
pilot tones are
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CO~ NZI (me "
— win)e’™ N7,
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where: €2, is a set of available subcarrier or frequency band
indices having a pilot tone; and
C(1) is an estimate of a channel frequency tap at subcarrier
or frequency band 1.
7. The method according to claim 6, wherein the updated
channel estimate H,, (k) is generated using:

Hypa(k) = Hok) + Z (C() = Ho (DY, k).
eqp

1 e Ik
where: W(I, k) = N_Z wmeP N " =0 for k £ my, and
P n=0

o —

LI+ for each /€ 0,

and further where a total of N, subcarriers or frequency

bands are updated in each iteration.

8. The method according to claim 1, wherein the radio
device comprises at least a receiver disposed in a user equip-
ment.

9. A user equipment for estimating a channel, the user
equipment comprising:

a receiver configured to receive pilot tones; and

processing circuitry configured to

provide a current channel estimate H (k) based on pre-
viously received pilot tones; and
iteratively, for each instance of receiving a set of N, new
pilot tones within an n time sample index, where N
and n are integer values:
generate an updated channel estimate H,,,, (k) by
replacing contributions to the current channel esti-
mate H_ (k) that depend from the previously
received pilot tones with contributions that depend
from the set of N,, new pilot tones; and
consider for the next iteration the updated channel
estimate H,,,, (k) as the current channel estimate
H,(k) and the set of N, new pilot tones as the
previously received pilot tones.

10. The user equipment according to claim 9, wherein a
windowing function w(n) is used to define a frequency span in
which each of received sets of N, new pilot tones are dis-
posed.

11. The user equipment according to claim 10, wherein the
setof N, new pilot tones within each n” time sample index are
uniformly distributed in frequency.

12. The user equipment according to claim 10, wherein the
windowing function is defined for a symbol size N within
which each set of the N, new pilot tones are obtained.

13. The user equipment according to claim 10, wherein the
updated channel estimate H, ,, (k) is obtained by performing
on the windowing function a size N Fast Fourier
transform FFT such that

N-1

in ik
2ok
> e W

n=
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where
1 is an index of subcarrier or frequency band of the fre-
quency span within which is received the set of N, new
pilot tones of the n” time sample index; and
k is a subcarrier or frequency band for which the updated
channel estimate applies.
14. The user equipment according to claim 13, wherein:
the contributions to the current channel estimate H_(k) that

depend from the previously received pilot tones are

LR b
Z Hou)N—pZ wme W
0y i
and
the contributions that depend from the set of N, new pi
ones are
1 e Ik
J2gen,
Z C(Z)N—pZ wme TN
0y i

where: €, is a set of available subcarrier or frequency band
indices having a pilot tone;
and C(1) is an estimate of a channel frequency tap at sub-
carrier or frequency band 1.
15. The user equipment according to claim 14, wherein the
updated channel estimate H,, (k) is generated using:

Hypa(k) = Hok) + Z (C() = Ho (DY, k).
ey
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-continued
1 e e
where: W(I, k) = N_Z w(n)e’™ N " =0 for k #my, and
P n=0

m—1 N —

+1,... , I+

for each /€ 0,

and further where a total of N, subcarriers or frequency
bands are updated in each iteration.
16. A user equipment comprising:
a receiver configured to receive pilot tones; and
processing circuitry configured to
identify a current channel estimate based on previously
received pilot tones; and
iteratively, for each instance of receiving a set of new
pilot tones:
generate an updated channel estimate by replacing
contributions to the current channel estimate that
depend from the previously received pilot tones
with contributions that depend from the set of new
pilot tones; and
consider for the next iteration the updated channel
estimate as the current channel estimate and the set
of new pilot tones as the previously received pilot
tones.
17. The user equipment of claim 16, wherein
a windowing function is used to define a frequency span in
which each of the received sets of new pilot tones are
disposed.
18. The user equipment of claim 16, wherein
the set of new pilot tones are uniformly distributed in
frequency.
19. The user equipment of claim 18, wherein the window-
ing function is defined for a symbol size N within which each
set of the new pilot tones are obtained.
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